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DETAILED ACTION 

Continued Examination Under 37 CFR 1.114 

1 . A request for continued examination under 37 CFR 1.114, including tlie fee set fortli in 
37 CFR 1.17(e), was filed in this application after final rejection. Since this application is eligible 
for continued examination under 37 CFR 1.114, and the fee set forth in 37 CFR 1.17(e) has 
been timely paid, the finality of the previous Office action has been withdrawn pursuant to 37 
CFR 1.1 14. Applicant's submission filed on 6 May 2010 has been entered. 



Ciaim Rejections - 35 USC § 103 



2. The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all 

obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set 
forth in section 102 of this title, if the differences between the subject matter sought to be patented and 
the prior art are such that the subject matter as a whole would have been obvious at the time the 
Invention was made to a person having ordinary skill In the art to which said subject matter pertains. 
Patentability shall not be negatived by the manner In which the Invention was made. 

3. The factual inquiries set forth in Graham v. John Deere Co., 383 U.S. 1, 148 USPQ 459 
(1966), that are applied for establishing a background for determining obviousness under 35 
U.S.C. 103(a) are summarized as follows: 

1 . Determining the scope and contents of the prior art. 

2. Ascertaining the differences between the prior art and the claims at issue. 

3. Resolving the level of ordinary skill in the pertinent art. 

4. Considering objective evidence present in the application indicating obviousness 
or nonobviousness. 
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4. This application currently names joint inventors. In considering patentability of the 
claims under 35 U.S.C. 103(a), the examiner presumes that the subject matter of the various 
claims was commonly owned at the time any inventions covered therein were made absent any 
evidence to the contrary. Applicant is advised of the obligation under 37 CFR 1.56 to point out 
the inventor and invention dates of each claim that was not commonly owned at the time a later 
invention was made in order for the examiner to consider the applicability of 35 U.S.C. 1 03(c) 
and potential 35 U.S.C. 102(e), (f) or (g) prior art under 35 U.S.C. 103(a). 

5. Claim 1 is rejected under 35 U.S.C. 103(a) as being unpatentable over Qiu, et al. (J. 
Qiu, H. Shao, W. Zhu and Y. Zhang, An End-to-End Probing Based Application Control Scheme 
for Multimedia Applications, IEEE International Conference on Multimedia, 2001, Pages 872- 
875) in view oiKomatsu, et al. (US Patent No. 6, 914,900 B1). 

Regarding ciaim 1, Qiu discloses a method of admission control for a continuous 
stream of data in packet switched networks including at least two networks that communicate 
with one another across a connecting network, the method comprising: 

a. Determining a packet loss rate of previous transmissions to a network (Pages 872- 
874, Particularly Sections 2-4). (The system of Qiu discloses a call admission control 
system that performs measurement based admission control [Page 872, Section 2]. The 
system operates by sending continuous probes to a second network endpoint in order to 
determine network delay and loss characteristics [Page 873, Section 2, Left Column, 
First Full Paragraph]. The loss and delay characteristics are then used to determine the 
delay shape distributions by tracking the probability of various packet delays for various 
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packet loss rates [Page 873, Section 3]. For example, when the desired loss rate [i.e. 
state "0"] is set to 1%, the system tracks the "delay shape" [i.e. the average delay- the 
minimum delay] for all measurements with a loss rate less then the "0" state [i.e. all 
measurements with a loss rate <1%] and for all measurements with a loss state of "1" 
[i.e. all measurements where the loss rate exceeded 1%] [Page 873, Section 3, 
Particularly Fig. 2 and the Preceding Paragraph]. The intersection of the delay shape 
functions for the "0" and "1" state is then used to determine the low and high delay 
shape distribution profiles [Page 873, Section 3, Particularly Fig. 3][See also Page 873, 
Page 4, Particularly Equations (2) and (3) - Showing the calculation of the low and high 
delay shape profiles]. Whenever the system detects an incoming connection control 
request, it compares the delay state from the last set of network probe packets with the 
delay state profiles [which are based on past packet los rate and delay - i.e. the "packet 
loss rate of previous network transmissions"] [Pages 872-873, Section 2, Particularly Fig. 
1]. If the delay shape is below the high delay shape profile but above the loss delay state 
profile, then the system will send a test probe to the network to determine the current 
network loss charactenstics [i.e. the "current packet loss rate"] and will admit or reject 
the transmission based on if the current loss rate is above or below and admission 
threshold [i.e. "decide to drop an attempt based on the current packet loss rate"] [Fig. 1 , 
and Page 872, Last Paragraph, Carried on to Page 873][See also Page 873, Last 
Paragraph, Carried onto Page 874]. If the delay shape is above the delay shape high 
profile, then the probing step is not performed, and the admission request is denied 
[Page 873, Fig. 1]. If the delay shape profile is below the delay shape low profile after 
taking into account the new flow, the system automatically admits the new flow without 
probing the network [Page 873, Fig. 1].) 
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b. Determining a current pacl<et loss rate based on said pacl<et loss rate of 
transmissions (Pages 872-874, Particularly Sections 2-4) (See (a). Supra). 

c. Deciding to drop an attempt based on the current packet loss rate (Pages 872-874, 
Particularly Sections 2-4) (See (a). Supra) 

Qiu fails to disclose the method is for call admission control and tracks packet loss rates 
between local area networks based on previous call loss data such that the method comprises a 
method of call admission control for a continuous stream of data In packet switched networks 
Including at least two local area networks that communicate with one another across a 
connecting network, the method comprising determining a packet loss rate of previous calls to a 
local area network, determining a current packet loss rate based on said packet loss rate of 
previous calls and deciding to drop a call attempt based on the current packet loss rate. (I.e. 
The system of Qiu discloses that the system obtains its delay and loss data by sending periodic 
probes to network endpoints in other networks, as opposed to gathering delay and loss data by 
observing the delay and loss statistics of flows to the remote local area networks. Qiu also 
discloses a generic admission control technique, as opposed to a call admission control 
technique, and although a references it cites acknowledges that admission control is applied to 
call admission control [See for Example Page 875, Reference [6], titled "Measurement-based 
call admission control..."] it fails to disclose that the technique is applied directly to call 
admission control). In the same field of endeavor, Komatsu discloses the method is for call 
admission control and tracks packet loss rates between local area networks such that the 
method comprises a method of call admission control for a continuous stream of data in packet 
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switched networks including at least two local area networks that communicate with one another 
across a connecting network, the method comprising determining a packet loss rate of previous 
calls to a local area network, determining a current packet loss rate based on said packet loss 
rate of previous calls and deciding to drop a call attempt based on the current packet loss rate 
(Column 5, Lines 5-20, Column 7, Lines 15-27, Column 3, Line 24 and Column 8, Lines 23-30). 
(The system of Komatsu discloses a system that obtains delay and packet loss data by tracking 
the delay and packet loss statistics for past calls to a network of interest [Column 5, Lines 5-20, 
Column 6, Line 65 to Column 7, Line 6 and Column 7, Lines 15-27]. When a call is made, the 
system references the loss statistics for the last call to that IP endpoint at the same time and 
date from the current endpoint and if the loss rate is acceptable, the call is admitted. If the loss 
rate is unacceptable, the user is notified and may drop the call [Column 3, Line 24]. The call is 
made between two different LANs, as indicated by the fact that traffic form the IP packetizing 
unit passes through a router to reach its destination [Column 8, Lines 23-30].) 

Therefore, since Komatsu discloses a cal admission control scheme for tracking delay 
and packet loss between two LANs by monitoring the delay and loss statistics of calls between 
the networks, it would have been obvious to a person of ordinary skill in the art at the time of the 
invention to combine the call based network tracking and admission control of Komatsu with the 
system of Q/u by tracking the delay and loss characteristics for a remote local area network 
using call statistics to that network as opposed to active probing and using the statistics to 
perform admission control, as taught by Komatsu. The motive to combine is to decrease 
network traffic by removing the need to perform active probing to determine the network delay 
profiles. 
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6. Claim 2 is rejected under 35 U.S.C. 103(a) as being unpatentable over Qiu, et al. (J. 
Qiu, H. Shao, W. Zhu and Y. Zhang, An End-to-End Probing Based Application Control Scheme 
for Multimedia Applications, IEEE International Conference on Multimedia, 2001, Pages 872- 
875) in view of Komatsu, et al. (US Patent No. 6, 914,900 B1 ), Odom (Odom, Cisco VOIP Call 
Admission Control, August 2001, Pages 1-26) and Oran, et al. (US Pre Grant Publication No. 
2006/0034188). 

Regarding claim 2, Qiu discloses a method of admission control for a continuous 
stream of data in packet switched networks including at least two networks that communicate 
with one another across a connecting network, the method comprising: 

a. Determining a packet loss rate of previous transmissions from a first network to a 
second network (Pages 872-874, Particularly Sections 2-4). (The system of Qiu 
discloses a call admission control system that performs measurement based admission 
control [Page 872, Section 2]. The system operates by sending continuous probes to a 
second network endpoint in order to determine network delay and loss characteristics 
[Page 873, Section 2, Left Column, First Full Paragraph]. The loss and delay 
characteristics are then used to determine the delay shape distributions by tracking the 
probability of various packet delays for various packet loss rates [Page 873, Section 3]. 
For example, when the desired loss rate [i.e. state "0"] is set to 1%, the system tracks 
the "delay shape" [i.e. the average delay- the minimum delay] for all measurements with 
a loss rate less then the "0" state [i.e. all measurements with a loss rate <1%] and for all 
measurements with a loss state of "1" [i.e. all measurements where the loss rate 
exceeded 1%] [Page 873, Section 3, Particularly Fig. 2 and the Preceding Paragraph]. 
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The intersection of the delay shape functions for the "0" and "1 " state is then used to 
determine the low and high delay shape distribution profiles [Page 873, Section 3, 
Particularly Fig. 3][See also Page 873, Page 4, Particularly Equations (2) and (3) - 
Showing the calculation of the low and high delay shape profiles]. Whenever the system 
detects an incoming connection control request, it compares the delay state from the last 
set of network probe packets with the delay state profiles [which are based on past 
packet los rate and delay - i.e. the "packet loss rate of previous network transmissions"] 
[Pages 872-873, Section 2, Particularly Fig. 1]. If the delay shape is below the high delay 
shape profile but above the loss delay state profile, then the system will send a test 
probe to the network to determine the current network loss characteristics [i.e. the 
"current packet loss rate"] and will admit or reject the transmission based on if the 
current loss rate is above or below and admission threshold [i.e. "decide to drop an 
attempt based on the current packet loss rate"] [Fig. 1, and Page 872, Last Paragraph, 
Carried on to Page 873][See also Page 873, Last Paragraph, Carried onto Page 874]. If 
the delay shape is above the delay shape high profile, then the probing step is not 
performed, and the admission request is denied [Page 873, Fig. 1]. If the delay shape 
profile is below the delay shape low profile after taking into account the new flow, the 
system automatically admits the new flow without probing the network [Page 873, Fig. 
1]-) 



b. Determining a current packet loss rate for transmissions from the first local area 
network to the second network (Pages 872-874, Particularly Sections 2-4) (See (a). 
Supra). 
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c. Deciding to drop connection attempt based on the current packet loss rate (Pages 
872-874, Particularly Sections 2-4) (See (a). Supra). 

d. Said step of determining a current packet loss rate comprises transmitting a burst of 
trial data from a first node in the first network through the connecting network to a 
second node in the second network (Pages 872-874, Particularly Sections 2-4) (See (a). 
Supra). 

Qiu fails to disclose the method is for call admission control and tracks packet loss rates 
between local area networks based on previous call loss data such that the method comprises a 
method of call admission control for a continuous stream of data in packet switched networks 
including at least two local area networks that communicate with one another across a 
connecting network, the method comprising determining a packet loss rate of previous calls 
from a first local area network to a second local area network determining a current packet loss 
rate for calls from the first local area network to the second local area network and deciding to 
drop call attempt based on the current packet loss rate wherein said step of determining a 
current packet loss rate comprises transmitting a burst of trial data from a first node in the first 
local area network through the connecting network to a second node in the second local area 
network, (i.e. The system of Qiu discloses that the system obtains its delay and loss data by 
sending periodic probes to network endpoints in other networks, as opposed to gathering delay 
and loss data by observing the delay and loss statistics of flows to the remote local area 
networks. Qiu also discloses a generic admission control technique, as opposed to a call 
admission control technique, and although a references it cites acknowledges that admission 
control is applied to call admission control [See for Example Page 875, Reference [6], titled 
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"Measurement-based call admission control..."] it fails to disclose that the technique is applied 
directly to call admission control). In the same field of endeavor, Komatsu the method is for call 
admission control and tracks packet loss rates between local area networks based on previous 
call loss data such that the method comprises a method of call admission control for a 
continuous stream of data in packet switched networks including at least two local area 
networks that communicate with one another across a connecting network, the method 
comprising determining a packet loss rate of previous calls from a first local area network to a 
second local area network determining a current packet loss rate for calls from the first local 
area network to the second local area network and deciding to drop call attempt based on the 
current packet loss rate wherein said step of determining a current packet loss rate comprises 
transmitting a burst of trial data from a first node in the first local area network through the 
connecting network to a second node in the second local area network (Column 5, Lines 5-20, 
Column 7, Lines 15-27, Column 3, Line 24 and Column 8, Lines 23-30). (The system of 
Komatsu discloses a system that obtains delay and packet loss data by tracking the delay and 
packet loss statistics for past calls to a network of interest [Column 5, Lines 5-20, Column 6, 
Line 65 to Column 7, Line 6 and Column 7, Lines 15-27]. When a call is made, the system 
references the loss statistics for the last call to that IP endpoint at the same time and date from 
the current endpoint and if the loss rate is acceptable, the call is admitted. If the loss rate is 
unacceptable, the user is notified and may drop the call [Column 3, Line 24]. The call is made 
between two different LANs, as indicated by the fact that traffic form the IP packetizing unit 
passes through a router to reach its destination [Column 8, Lines 23-30].) 

Therefore, since Komatsu discloses a cal admission control scheme for tracking delay 
and packet loss between two LANs by monitoring the delay and loss statistics of calls between 
the networks, it would have been obvious to a person of ordinary skill in the art at the time of the 
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invention to combine the call based network tracking and admission control of Komatsu witin tine 
system of Qiu by tracking the delay and loss characteristics for a remote local area network 
using call statistics to that network as opposed to active probing and using the statistics to 
perform admission control, as taught by Komatsu. The motive to combine is to decrease 
network traffic by removing the need to perform active probing to determine the network delay 
profiles. 

Qiu as modified by Komatsu fails to disclose the step of determining a current packet 
loss rate comprises reflecting the burst of trial data received at the second node back to the first 
node, and receiving the reflected burst of trial data at the first node through the connecting 
network, said burst of trial data comprises a plurality of packets having a size and priority that 
corresponds to packets that are to be sent if the call is completed and the step of determining to 
drop a call attempt comprises comparing the reflected burst of trial data to the transmitted burst 
of trial data to determine whether transmission of a continuous stream of data can be initiated 
from the first node in the first local area network to the second node in the second local area 
network. In the same field of endeavor, Odam discloses the step of determining a current packet 
loss rate comprises reflecting the burst of trial data received at the second node back to the first 
node, and receiving the reflected burst of trial data at the first node through the connecting 
network, said burst of trial data comprises a plurality of packets having a size and priority that 
corresponds to packets that are to be sent if the call is completed and the step of determining to 
drop a call attempt comprises comparing the reflected burst of trial data to the transmitted burst 
of trial data to determine whether transmission of a continuous stream of data can be initiated 
from the first node in the first local area network to the second node in the second local area 
network (Odom, Page 19, SAA Protocol and Calculated Planned Impairment Value). (The SAA 
protocol sends packets from the SAA client on the gateway device in the first LAN [Odom, 
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Figure 4] to the server gateway in the other network/LAN. It then measures the packet loss rate 
of reflected packets to determine the packet loss rate of calls between the two networks [Odom, 
Page 19, SAA Protocol and Calculated Planned Impairment Value]. This value, along with 
others is used to perform client access control. The SAA protocol may also be configured to 
send probe packets based on the packet size of the codec to be used in the call using RTP 
headers to create a packet identical in size to one that would be used in a real voice 
conversation. The priority [i.e. IP precedence] of the packets may also be set to match the voice 
packets to be sent [Page 23, SAA Probe Format].) 

Therefore, since Odam discloses using a reflected burst of trial data with packets having 
a priority and size corresponding to that of packets to be sent upon connection completion, and 
Qiu as modified by Komatsu discloses transmitting a burst between two phones on different 
local area networks, it would have been obvious to a person of ordinary skill at the time of the 
invention to replace the loss based burst probe of Qiu as modified by Komatsu with the burst 
probe of Odam. The motive to combine is to allow for more effective burst probing by 
transmitting a burst probe that more accurately reflects the packets to be transmitted on the 
admitted connection. 

Qiu fails to disclose a method wherein the first node comprises a telephone in the first 
local area network and the second node comprises a telephone in the second network. In the 
same field of endeavor, Qran discloses a method wherein the first node comprises a telephone 
in the first local area network and the second node comprises a telephone in the second 
network (Paragraphs 0031-0038 and 0046). (The system of Qran discloses a system that 
simulates a voice call before initiation by sending a bi-directional stream of real time protocol 
(RTP) no-op packets between the sending and receiving VOIP telephones [Paragraphs 0031- 
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0038]. The packets may be the same size as the actual media packets that are to follow 
[Paragraph 0046].) 

Therefore, since Oran discloses call simulation between two telephone endpoints, it 
would have been obvious to combine the endpoint call simulation of Oran with the system of 
Odom by having the telephone endpoints transmit a trial burst of data, as taught by Oran and 
reflecting the trial burst back to the sender, as taught by Odom. The motive to combine is to 
allow the endpoints to test the connection using the endpoints as opposed to the gateway, 
thereby reducing the load on the gateway. 

7. Claims 7, 9, and 10 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Qiu, et al. (J. Qiu, H. Shao, W. Zhu and Y. Zhang, An End-to-End Probing Based Application 
Control Scheme for Multimedia Applications, IEEE International Conference on Multimedia, 
2001, Pages 872-875) and Komatsu, et al. (US Patent No. 6, 914,900 B1) as applied to claim 1 
and further in view of Odom (Odom, Cisco VOIP Call Admission Control, August 2001, Pages 1- 
26). 

Regarding claim 7, Qiu fails to disclose the step of determining said current packet loss 
rate comprises transmitting a burst of trial data from a first node in the first local area network 
through the connecting network to a second node in the second local area network, reflecting 
the burst of trial data received at the second node back to the first node, and receiving the 
reflected burst of trial data at the first node through the connecting network. In the same field of 
endeavor, Odam discloses the step of determining said current packet loss rate comprises 
transmitting a burst of trial data from a first node in the first local area network through the 
connecting network to a second node in the second local area network, reflecting the burst of 
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trial data received at the second node back to the first node, and receiving the reflected burst of 
trial data at the first node through the connecting network (Odom, Page 19, SAA Protocol and 
Calculated Planned Impairment Value). (The SAA protocol sends packets from the SAA client 
on the gateway device in the first LAN [Odom, Figure 4] to the server gateway in the other 
network/LAN. It then measures the packet loss rate of reflected packets to determine the packet 
loss rate of calls between the two networks [Odom, Page 19, SAA Protocol and Calculated 
Planned Impairment Value]. This value, along with others is used to perform client access 
control. The SAA protocol may also be configured to send probe packets based on the packet 
size of the codec to be used in the call using RTP headers to create a packet identical in size to 
one that would be used in a real voice conversation. The priority [i.e. IP precedence] of the 
packets may also be set to match the voice packets to be sent [Page 23, SAA Probe Format].) 

Therefore, since Odam discloses using a reflected burst of trial data and Qiu as modified 
by Komatsu discloses transmitting a burst between two different local area networks, it would 
have been obvious to a person of ordinary skill at the time of the invention to replace the loss 
based burst probe of Qiu as modified by Komatsu with the burst probe of Odam. The motive to 
combine is to allow for more accurate effective burst probing by allowing the calculation of round 
trip loss and delay based on reflected probe packets. 

Regarding claim 9, Qiu fails to disclose said burst of trial data comprises a plurality of 
packets having a size and priority that correspond to packets that are to be sent if the call is 
completed. In the same field of endeavor, Odom discloses said burst of trial data comprises a 
plurality of packets having a size and priority that correspond to packets that are to be sent if the 
call is completed (Odom, Page 19, SAA Protocol and Calculated Planned Impairment Value). 
(The SAA protocol sends packets from the SAA client on the gateway device in the first LAN 
[Odom, Figure 4] to the server gateway in the other network/LAN. It then measures the packet 
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loss rate of reflected packets to determine the packet loss rate of calls between the two 
networks [Odom, Page 19, SAA Protocol and Calculated Planned Impairment Value]. This 
value, along with others is used to perform client access control. The SAA protocol may also be 
configured to send probe packets based on the packet size of the codec to be used in the call 
using RTP headers to create a packet identical in size to one that would be used in a real voice 
conversation. The priority [i.e. IP precedence] of the packets may also be set to match the voice 
packets to be sent [Page 23, SAA Probe Format].) 

Therefore, since Odam discloses using a reflected burst of trial data with packets having 
a priority and size corresponding to that of packets to be sent upon connection completion, and 
Qiu as modified by Komatsu discloses transmitting a burst between two phones on different 
local area networks, it would have been obvious to a person of ordinary skill at the time of the 
invention to replace the loss based burst probe of Qiu as modified by Komatsu with the burst 
probe of Odam. The motive to combine is to allow for more effective burst probing by 
transmitting a burst probe that more accurately reflects the packets to be transmitted on the 
admitted connection. 

Regarding claim 10, Qiu fails to disclose said step of determining a packet loss rate of 

previous calls comprises determining the packet loss rate from a first local area network to a 
second local area network. In the same field of endeavor, Komatsu discloses said step of 
determining a packet loss rate of previous calls comprises determining the packet loss rate from 
a first local area network to a second local area network (Column 5, Lines 5-20, Column 7, 
Lines 15-27, Column 3, Line 24 and Column 8, Lines 23-30). (The system of Komatsu discloses 
a system that obtains delay and packet loss data by tracking the delay and packet loss statistics 
for past calls to a network of interest [Column 5, Lines 5-20, Column 6, Line 65 to Column 7, 
Line 6 and Column 7, Lines 15-27]. When a call is made, the system references the loss 
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statistics for the last call to that IP endpoint at the same time and date from the current endpoint 
and if the loss rate is acceptable, the call is admitted. If the loss rate is unacceptable, the user is 
notified and may drop the call [Column 3, Line 24]. The call is made between two different 
LANs, as indicated by the fact that traffic form the IP packetizing unit passes through a router to 
reach its destination [Column 8, Lines 23-30].) 

Therefore, since Komatsu discloses a cal admission control scheme for tracking delay 
and packet loss between two LANs by monitoring the delay and loss statistics of calls between 
the networks, it would have been obvious to a person of ordinary skill in the art at the time of the 
invention to combine the call based network tracking and admission control of Komatsu with the 
system of Qiu by tracking the delay and loss characteristics for a remote local area network 
using call statistics to that network as opposed to active probing and using the statistics to 
perform admission control, as taught by Komatsu. The motive to combine is to decrease 
network traffic by removing the need to perform active probing to determine the network delay 
profiles. 

8. Claims 8 and 14 are rejected under 35 U.S.C. 103(a) as being unpatentable over Qiu, 
et al. (J. Qiu, H. Shao, W. Zhu and Y. Zhang, An End-to-End Probing Based Application Control 
Scheme for Multimedia Applications, IEEE International Conference on Multimedia, 2001, 
Pages 872-875), Komatsu, et al. (US Patent No. 6, 914,900 B1) and Odom (Odom, Cisco VOIP 
Call Admission Control, August 2001, Pages 1-26) as applied to claim 7 and further in view of 
Oran, et al. (US Pre Grant Publication No. 2006/0034188). 
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Regarding claim 8, Qiu fails to disclose a method wherein the first node compnses a 
telephone in the first local area network and the second node comprises a telephone in the 
second network. In the same field of endeavor, Oran discloses a method wherein the first node 
comprises a telephone in the first local area network and the second node comprises a 
telephone in the second network (Paragraphs 0031-0038 and 0046). (The system of Oran 
discloses a system that simulates a voice call before initiation by sending a bi-directional stream 
of real time protocol (RTP) no-op packets between the sending and receiving VOIP telephones 
[Paragraphs 0031-0038]. The packets may be the same size as the actual media packets that 
are to follow [Paragraph 0046].) 

Therefore, since Oran discloses call simulation between two telephone endpoints, it 
would have been obvious to combine the endpoint call simulation of Oran with the system of 
Odom by having the telephone endpoints transmit a trial burst of data, as taught by Oran and 
reflecting the trial burst back to the sender, as taught by Odom. The motive to combine is to 
allow the endpoints to test the connection using the endpoints as opposed to the gateway, 
thereby reducing the load on the gateway. 

Regarding claim 14, Qiu fails to disclose said burst of trial data comprises a plurality of 
packets having a size and priority that correspond to packets that are to be sent if the call is 
completed. In the same field of endeavor, Odom discloses said burst of trial data comprises a 
plurality of packets having a size and priority that correspond to packets that are to be sent if the 
call is completed (Odom, Page 19, SAA Protocol and Calculated Planned Impairment Value). 
(The SAA protocol sends packets from the SAA client on the gateway device in the first LAN 
[Odom, Figure 4] to the server gateway in the other network/LAN. It then measures the packet 
loss rate of reflected packets to determine the packet loss rate of calls between the two 
networks [Odom, Page 19, SAA Protocol and Calculated Planned Impairment Value]. This 
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value, along with others is used to perform client access control. The SAA protocol may also be 
configured to send probe packets based on the packet size of the codec to be used in the call 
using RTP headers to create a packet identical in size to one that would be used in a real voice 
conversation. The priority [i.e. IP precedence] of the packets may also be set to match the voice 
packets to be sent [Page 23, SAA Probe Format].) 

Therefore, since Odam discloses using a reflected burst of trial data and Qiu as modified 
by Komatsu discloses transmitting a burst between two different local area networks, it would 
have been obvious to a person of ordinary skill at the time of the invention to replace the loss 
based burst probe of Qiu as modified by Komatsu with the burst probe of Odam. The motive to 
combine is to allow for more accurate effective burst probing by allowing the calculation of round 
trip loss and delay based on reflected probe packets. 

9. Claim 12 is rejected under 35 U.S.C. 103(a) as being unpatentable over Qiu, et al. (J. 
Qiu, H. Shao, W. Zhu and Y. Zhang, An End-to-End Probing Based Application Control Scheme 
for Multimedia Applications, IEEE International Conference on Multimedia, 2001, Pages 872- 
875) in view of Komatsu, et al. (US Patent No. 6, 914,900 B1 ), Odom (Odom, Cisco VOIP Call 

Admission Control, August 2001, Pages 1-26) and Oran, et al. (US Pre Grant Publication No. 
2006/0034188) as applied to claim 2 and further in view of Westphal, et al. (US Pre grant 
Publication No. 2003/0165122 Al). 

Regarding ciaim 12, Qiu discloses a method wherein said step of determining a current 
packet loss rate further comprises determining if the network is in a "good" or "bad" state based 
on the packet loss rate of previous transmissions and using the state of the network as 
determined form the packet loss rate of previous transmissions to determine whether to permit 
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the bust of trial data. (Pages 872-874, Particularly Sections 2-4). (The system of Qiu discloses a 
call admission control system that performs measurement based admission control [Page 872, 
Section 2]. The system operates by sending continuous probes to a second network endpoint in 
order to determine network delay and loss characteristics [Page 873, Section 2, Left Column, 
First Full Paragraph]. The delay and loss characteristics are tracked by the network based on 
historic probe data and used to determine if the network is currently in a "good" or "bad" state 
based on the calculated delay profiles [See claim 2, Supra for further details concerning the 
delay profiles]. If the system of Qiu determines that the network state is "bad" than all sessions 
are blocked, and if the network state is "good" then all sessions are allowed [Page 873, Fig. 1 
and The Last Paragraph of Page 872 carried on to 873]. However, if the network state is 
between "good" and "bad" then the system performs further testing to determine the network 
state by probing the network [Page 873, Fig. 1 and The Last Paragraph of Page 872 earned on 
to 873]. The system of Qiu discloses that the system uses packet loss rate and delay as the 
network quality metrics, but also discloses that it is known in the art to use a variety of quality 
metncs including packet loss, delay, jitter and network load to determine network quality [Page 
872, Right Column, First and Second Full Paragraphs]. Therefore, the system of Qiu teaches 
the concept of using a network state calculated from previous probes to determine if the network 
is currently in a "good", "bad" or in-between state and only probing the network with trial burst of 
data if the system is in the in-between state where the system requires more current information 
before admitting the call.) 

Qiu fails to disclose the inclusion of the success rate of previous calls in the 
determination of network state such that the step of deternng a current packet loss rate further 
comprises determining a success rate of previous calls and using the success rate of previous 
calls to determine whether to permit the bust of trial data. In the same field of endeavor. 
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Westphal discloses a success rate of previous calls and using the success rate of previous calls 
to determine whether to permit the bust of trial data (Paragraph 0080). (The system of Westphal 
discloses that it was known in the art at the time of the invention that the packet loss rate and 
the call drop rate are related network quality metrics, as the "dropping" of calls because of poor 
quality is directly related to the packet loss rate [See Paragraphs 0047 and 0080].) 

Therefore, since Westphal teaches the packet loss rate and call drop rate are related 
network quality metrics for calls, and the system of Qiu discloses the use of historic network 
quality metrics to determine if the system should probe before admitting a connection, it would 
have been obvious to a person of ordinary skill in the art at the time of the invention to use the 
call drop rate and the packet loss rate to determine if the system should allow the network to 
probe as the call drop rate known in the art to be closely related to the packet loss rate of the 
network. The motive to combine is to improve the call admission control by taking into account 
quality metrics specifically associated with call based networks. 

In the alternative, the system of Qiu can be viewed as teaching a base system in which 
network quality is measured using the packet loss rate of previous transmissions in order to 
determine if the network is to be probed. Westphal can be viewed as teaching a known 
technique of using the call drop rates, which are directly related to the packet loss rates, to 
determine the quality of a network connection. Therefore, a person of ordinary skill in the art 
would have recognized that the call drop rate could be used as a network quality metric, as the 
use of the call drop rate to determine network quality was a part of the ordinary capabilities of a 
person of ordinary skill in the art at the time of the invention and would have yielded the 
predictable result of providing a good network quality metric. This is particularly true given the 
known direct correlation between the packet drop rate used in Qiu and the network call drop 
rate (See Westphal, Paragraph 0047). 
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10. Claim 13 is rejected under 35 U.S.C. 103(a) as being unpatentable over Qiu, et al. (J. 
Qiu, H. Sliao, W. Zliu and Y. Zliang, An End-to-End Probing Based Application Control Scheme 
for Multimedia Applications, IEEE International Conference on Multimedia, 2001, Pages 872- 
875) in view of Komatsu, et al. (US Patent No. 6, 914,900 B1 ), Odom (Odom, Cisco VOIP Call 
Admission Control, August 2001, Pages 1-26) and Oran, et al. (US Pre Grant Publication No. 
2006/0034188) as applied to claim 7 and further in view of Westphal, et al. (US Pre grant 
Publication No. 2003/0165122 Al). 

Regarding claim 13, Qiu discloses a method wherein said step of determining a current 
packet loss rate further comprises determining if the network is in a "good" or "bad" state based 
on the packet loss rate of previous transmissions and using the state of the network as 
determined form the packet loss rate of previous calls to determine whether to permit the bust of 
trial data. (Pages 872-874, Particularly Sections 2-4). (The system of Qiu discloses a call 
admission control system that performs measurement based admission control [Page 872, 
Section 2]. The system operates by sending continuous probes to a second network endpoint in 
order to determine network delay and loss characteristics [Page 873, Section 2, Left Column, 
First Full Paragraph]. The delay and loss characteristics are tracked by the network based on 
historic probe data and used to determine if the network is currently in a "good" or "bad" state 
based on the calculated delay profiles [See claim 2, Supra for further details concerning the 
delay profiles]. If the system of Qiu determines that the network state is "bad" than all sessions 
are blocked, and if the network state is "good" then all sessions are allowed [Page 873, Fig. 1 
and The Last Paragraph of Page 872 carried on to 873]. However, if the network state is 
between "good" and "bad" then the system performs further testing to determine the network 
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state by probing the network [Page 873, Fig. 1 and The Last Paragraph of Page 872 carried on 
to 873]. The system of Qiu discloses that the system uses packet loss rate and delay as the 
network quality metrics, but also discloses that it is known in the art to use a variety of quality 
metrics including packet loss, delay, jitter and network load to determine network quality [Page 
872, Right Column, First and Second Full Paragraphs]. Therefore, the system of Qiu teaches 
the concept of using a network state calculated from previous probes to determine if the network 
is currently in a "good", "bad" or in-between state and only probing the network with trial burst of 
data if the system is in the in-between state where the system requires more current information 
before admitting the call.) 

Qiu fails to disclose the inclusion of the success rate of previous calls in the 
determination of network state such that the step of deterring a current packet loss rate further 
comprises determining a success rate of previous calls and using the success rate of previous 
calls to determine whether to permit the bust of trial data. In the same field of endeavor, 
Westptial discloses a success rate of previous calls and using the success rate of previous calls 
to determine whether to permit the bust of trial data (Paragraph 0080). (The system of Westphal 
discloses that it was known in the art at the time of the invention that the packet loss rate and 
the call drop rate are related network quality metrics, as the "dropping" of calls because of poor 
quality is directly related to the packet loss rate [See Paragraphs 0047 and 0080].) 

Therefore, since Westptial teaches the packet loss rate and call drop rate are related 
network quality metrics for calls, and the system of Qiu discloses the use of historic network 
quality metrics to determine if the system should probe before admitting a connection, it would 
have been obvious to a person of ordinary skill in the art at the time of the invention to use the 
call drop rate and the packet loss rate to determine if the system should allow the network to 
probe as the call drop rate known in the art to be closely related to the packet loss rate of the 
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network. The motive to combine is to improve the call admission control by taking into account 
quality metrics specifically associated with call based networks. 

In the alternative, the system of Qiu can be viewed as teaching a base system in which 
network quality is measured using the packet loss rate of previous transmissions in order to 
determine if the network is to be probed. Westphal can be viewed as teaching a known 
technique of using the call drop rates, which are directly related to the packet loss rates, to 
determine the quality of a network connection. Therefore, a person of ordinary skill In the art 
would have recognized that the call drop rate could be used as a network quality metric, as the 
use of the call drop rate to determine network quality was a part of the ordinary capabilities of a 
person of ordinary skill In the art at the time of the Invention and would have yielded the 
predictable result of providing a good network quality metric. This is particularly true given the 
known direct correlation between the packet drop rate used in Qiu and the network call drop 
rate (See Westphal, Paragraph 0047). 

Response to Arguments 

1 1 . Applicant's arguments with respect to claims 1, 2, 7-10 and 12-14 have been considered 
but are moot In view of the new ground(s) of rejection. 

Conclusion 

Any inquiry concerning this communication or earlier communications from the examiner 
should be directed to Christopher Crutchfield whose telephone number is (571) 270-3989. The 
examiner can normally be reached on Monday through Friday 8:00 AM to 5:00 PM EST. 
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If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Daniel Ryman can be reached on (571 ) 272-31 52. The fax phone number for the 
organization where this application or proceeding is assigned is 571-273-8300. 

Information regarding the status of an application may be obtained from the Patent 
Application Information Retrieval (PAIR) system. Status information for published applications 
may be obtained from either Private PAIR or Public PAIR. Status information for unpublished 
applications is available through Private PAIR only. For more information about the PAIR 
system, see http://pair-direct.uspto.gov. Should you have questions on access to the Private 
PAIR system, contact the Electronic Business Center (EBC) at 866-217-9197 (toll-free). If you 
would like assistance from a USPTO Customer Service Representative or access to the 
automated information system, call 800-786-9199 (IN USA OR CANADA) or 571-272-1000. 

/Christopher Crutchfield/ 
Examiner, Art Unit 2466 
9/8/2010 



/Daniel J. Ryman/ 

Supervisory Patent Examiner, Art Unit 2466 



